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(57) ABSTRACT

A speed dependent equalizing control system for automated
design of gain and equalization filter parameters can be used
for volume and velocity dependent equalization of audio sig-
nals reproduced in a vehicle. The system is configured to
develop volume-dependent power spectral density estima-
tions based on a test signal received at a number of different
volume levels, and develop non-acoustical parameter-depen-
dent power spectral density estimations based on received
noise received at a number of different non-acoustical mea-
surement values representing difterent states of the vehicle. In
one example, the non-acoustical measurement values are dif-
ferent velocities, or speeds, of the vehicle. The system may
generate filter parameters of a parameterized equalization
filter based on a target equalization curve developed by sum-
mation of the volume-dependent power spectral density esti-
mates and the non-acoustical measurement-dependent power
spectral density estimates.
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SPEED DEPENDENT EQUALIZING
CONTROL SYSTEM

TECHNICAL FIELD

The present invention relates to the field of audio signal
processing, in particular to a speed dependent equalizing
control system that provides automatic adjustment of volume
and equalizer settings in response to changes of the speed of
a vehicle in which the audio signal is presented to a listener.

BACKGROUND

It is common practice to adapt the volume of audio signals
reproduced by an audio system in a vehicle dependent on the
speed of the vehicle. In a simple application the volume
control may directly depend on the tachometer signal.
Accordingly, the volume is increased as the velocity of the
vehicle (and thus the ambient noise) increases. Such an auto-
matic velocity-dependent volume control is generally
referred to as speed dependent volume control (SDVC). Gen-
erally, SDVC systems aim at maintaining the perceived vol-
ume (i.e. loudness) of a reproduced audio signal at a constant
level in an environment with changing ambient noise due to
changing velocity of the vehicle.

SUMMARY

A speed dependent equalizing control system provides
automated determination of gain and equalization filter
parameters. The filter parameters can be used for volume
dependent equalization, and a non-acoustical value, such as
velocity, dependent equalization of audio signals reproduced
in a vehicle at a configurable volume setting. The system
comprises: an audio amplifier configured to reproduce a test
signal using at least one loudspeaker arranged in the passen-
ger compartment of the vehicle so as to generate a corre-
sponding acoustic test signal; at least one microphone
arranged at a listening position and configured to sequentially
pick up the acoustic test signal at different volume levels, as
well as a noise signal at different non-acoustical values, such
as velocity values associated with different speed values of
the vehicle; and a signal acquisition and processing system
for reception of the measured test and noise signals as well as
the corresponding volume and non-acoustical values, such as
corresponding velocity values of the vehicle. The signal
acquisition processing system is configured to calculate vol-
ume-dependent and, respectively, non-acoustical value-de-
pendent power spectral density estimations of the measured
test and noise signals. The signal acquisition and processing
system is further configured to calculate volume-dependent
and, respectively, non-acoustical value-dependent, such as
velocity-dependent, masking thresholds from the power
spectral density estimations. Finally, the signal acquisition
and processing system is configured to calculate, for each pair
of' volume and non-acoustical value, such as velocity, a target
equalization curve being composed of the non-negative val-
ues of the difference between the volume dependent masking
threshold calculated from the test signal power spectral den-
sity and the masking threshold calculated from the non-
acoustical value dependent noise signal power spectral den-
sity. For each pair of volume and non-acoustical value, such
as velocity, filter parameters of a parameterized filter proto-
type are calculated such that the filter magnitude response
approximates the corresponding target equalization curve.
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Instead of the velocity, other non-acoustical values represent-
ing the state of the vehicle may be used.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention can be better understood referring to the
following drawings and descriptions. In the figures like ref-
erence numerals designate corresponding parts. In the draw-
ings:

FIG. 1 illustrates an example of the power spectral density
(PSD) of different test signals such as, for example, an audio
signal received from a radio station or pink noise;

FIG. 2 illustrates an example of a filter network for trans-
forming pink noise into IEC268 standardized noise;

FIG. 3 illustrates an example of magnitude responses of the
filter network of FIG. 2 for standard parameters and for modi-
fied parameters;

FIG. 4 is a block diagram schematically illustrating the
measurement set-up of an example speed dependent equaliz-
ing control system for obtaining (a) the volume-dependent
PSD of the test signal and (b) the velocity-dependent PSD of
the ambient noise signal;

FIG. 5 is a block diagram schematically illustrating an
example of the calculation of the “target” equalizing curve
used in a subsequent equalization filter design;

FIG. 6 illustrates an example of the masking threshold
difference of the masking thresholds calculated from the mea-
sured PSDs at different volumes (-46 dB and -50 dB) and at
different velocities (10 km/h to 200 km/h);

FIG. 7 illustrates an example of an equalization filter for a
defined volume (-46 dB) whose filter characteristic approxi-
mates the corresponding masking threshold difference of
FIG. 6.

DETAILED DESCRIPTION

In a speed dependent volume control system (SDVC), the
function yielding the desired volume (i.e. amplifier gain
value) from an electric velocity signal (provided, for
example, by the tachometer of the vehicle) is typically deter-
mined empirically by acoustical engineers during test drives.
More detailed analysis shows that such an approach does not
yield satisfying results as the determined velocity-dependent
amplifier gain function (SDVC function) is not sufficient for
maintaining the perceived volume at a constant level through-
out the full velocity range (approximately 10 kmv/h to 200
km/h). Further, the “ideal” SDVC function is not the same at
different volume settings, which can be manually pre-set
using the volume knob of the amplifier. A more sophisticated
approach can allow a listener to choose between different
SDVC functions which represent different volume control
characteristics. Thus, the listener may choose the volume
control characteristics which fit best to his individual prefer-
ences and to the manually preset volume.

The spectral power density of the ambient noise is typically
higher at lower frequencies (i.e. in a bass frequency range)
than at higher frequencies. Control algorithms which take this
fact into account can additionally include (besides SDVC) an
adaptation of the equalizer settings. Such a frequency-depen-
dent adaptation of gain values in different frequency ranges
(typically within the bass frequency range) is generally
referred to as “equalization control”. Since it is also depen-
dent on the speed of the car, it may also be referred to as
“speed dependent equalization control” (SDEC).

In SDEC systems shelving filters can be used to manipulate
the spectral characteristic of the audio signals, mainly in the
bass frequency range. Such shelving filters may have fixed
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cut-oft frequencies and different filter gain values in, for
example, ten different volume ranges, in which each vector of
(ten) volume dependent gain values also depends on the cur-
rent velocity (discretized e.g. from 10 km/h to 200 km/h in
steps of 10km/h). Further, in some examples, the listener may
select from among two or more different control characteris-
tics (e.g. low, moderate, aggressive). Given all these unknown
parameters, an acoustical engineer tuning an audio system
may have to determine several hundred parameters by testing,
which can be difficult to complete during one test drive and
can typically be labor intensive and expensive. Further, it is
questionable whether the performance of the overall audio
system can actually be enhanced by using a higher number of
parameters which also require “manual” adjustment.

When tuning the equalizer “manually”, usually a known
test signal (e.g. a music composition) is reproduced by a fully
tuned (automotive) audio amplifier typically while an acous-
tical engineer sits on the front passenger seat subjectively
assessing the sound impression based on his/her remem-
brance of the music (subjective psychoacoustic assessment of
the audio reproduction). At the same time, the acoustical
engineer can tune the parameters of the equalizing filter so as
to optimize the (volume-dependent and velocity dependent)
equalization filter characteristics. It should be noted that,
instead of' the velocity of the vehicle, any other non-acoustical
measurement value may be considered. An appropriate addi-
tional non-acoustical value may be, for example, the rota-
tional velocity of the vehicle’s engine, the gear, window posi-
tions, position of the convertible top (in case of a convertible
automobile), setting of the fan and/or defrost and so on.

In order to automate this tuning of the equalization filters,
which are part of the SDEC system, a suitable test signal can
be found. As the optimum parameters describing the equal-
ization filter(s), known as SDEC parameters, are dependent
on the test signal, the test signal cannot be chosen arbitrarily.
If a female voice signal is used as a test signal, it might be
sufficient to only increase the volume level in response to an
increasing noise level in connection with an increasing veloc-
ity. As such, a test signal includes only a few spectral com-
ponents in the bass frequency range, in which the masking
effects due to the noise have the most significant impact on the
perception of the test signal. However, if a rock song is used
as a test signal the situation can be different. The strong
spectral components in the bass frequency range could be
increasingly masked by the noise signal at higher velocities,
thus deteriorating the timbre of the perceived sound. This
deterioration is intended to be compensated for by the SDEC
system. As no “perfect” test signal exists, a test signal may be
found which best matches the sound signals typically pro-
duced by an automotive audio system. Such matching may be
assessed by comparing the power spectral density (PSD) of
different test signal “candidates™ as illustrated in FIG. 1.

FIG.1is an example comparison of the PSDs of pink noise,
IEC 268 standardized noise, a modified IEC 268 standardized
noise, and an arbitrary audio signal of one hour length
received from the radio broadcast station “Antenne Bayern”.
In FIG. 1, for frequencies above 100 Hz, the PSDs of the
IEC268 standardized noise matches the PSD of the signal
received from the radio broadcast station well. Assuming that
asignal having the same spectral contents as a “real life” radio
signal would be suitable for determining optimum SDEC
parameters leads to the conclusion that the standardized
IEC268 noise signal is a suitable candidate as a test signal.
However, as illustrated in FIG. 1, the IEC 268 noise spectrum
includes and provides relatively lower power in the bass fre-
quency range as compared to the signal received from the
broadcast station. Thus, a slightly modified IEC 268 noise
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was instead used during experiments, wherein this modified
noise has a slightly higher energy level in the bass frequency
range as compared to the standard IEC 268 noise. The gen-
eration of such a modified IEC 268 noise is explained below
with respect to FIGS. 2 and 3.

FIG. 2 illustrates an example filter network for the genera-
tion of IEC 268 noise using pink noise as an input audio
signal. The corresponding example values for R, to Ryand C,
to C; are included in the table of FIG. 2. The “modified”
TEC268 noise (see FI1G. 1), which has a stronger bass content,
can be generated by increasing the values of C; and C5 by a
factor of 4. The magnitude response of the filter network of
FIG. 2, and the modified filter network is illustrated in FIG. 3.
For the examples discussed herein a modified IEC 268 noise
signal has been used as test signal. However, other (noise)
signals may be used, provided their PSD approximately
matches the PSD of a typical audio signal. Further, different
SDEC parameters may be determined using different test
signals representing different “genres” of audio signals (clas-
sic, jazz, pop, news, rock ‘n’ roll, etc.). The listener may then
choose from among these different sets of SDEC parameters
dependent on the audio signal he/she is currently listening to.

FIGS. 4a and 4b illustrate an exemplary measurement set-
up system which can be used to automatically determine an
optimum set of SDEC parameters describing optimum equal-
ization curves. Equalization may be performed dependent on
the volume setting VOL of the amplifier (test signal source
10) producing the test signal t[k]. In other examples, the
amplifier (test signal source 10) may be a fixed gain amplifier,
and the volume level of the input signal to the amplifier may
be varied. In these examples, the volume setting VOL may be
provided by a volume level signal external to the amplifier, or
sensed by the amplifier as changes in an energy level of the
input signal to the amplifier, instead of being a volume level of
the amplifier.

Equalization may also be performed based on a non-acous-
tical value (discretized), such as the velocity SPEED of the
vehicle. Although many of the examples described refer to the
velocity SPEED of the vehicle, these should be recognized as
non-limiting examples since other non-acoustical measure-
ment values may be used instead of the velocity SPEED ofthe
vehicle. The non-acoustical measurement value may be rep-
resented by, for example, at least one of the rotational velocity
of'the vehicle’s engine, the gear setting of the vehicle, one or
more window positions of the vehicle, a position of the con-
vertible top (in case of a convertible vehicle), a setting of a fan
such as a heater fan and/or a defrost fan of the vehicle and/or
any other non-acoustical measurements representative of
acoustical properties in the vehicle. In other examples, the
non-acoustical measurement value may be a weighted com-
bination of two or more different signals, such as those pre-
viously discussed.

The velocity, however, is a parameter that can, in some
examples, have the strongest impact on the ambient noise
signal n[k]. The parameter k is a time index representing the
sampling instant of the respective (digital) signal. In FIG. 4
components (digital-to-analog converters, microphone
amplifiers, analog-to-digital-converters, input/output inter-
faces, and the like) have been omitted for ease of illustration.

FIG. 4a relates to the measurement of the volume-depen-
dent PSD(f; VOL) of the test signal when reproduced by one
or more loudspeakers 30 using a fully tuned hifi audio ampli-
fier 20 which is set at a volume level VOL (usually measured
in dB with 0 dB being the maximum volume). A microphone
40 picks up the resulting acoustic signal yielding a corre-
sponding sensor signal s[k]. For this purpose the microphone
40 is placed in a position where a listener’s ears are typically
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located, e.g. near the headrest of the front passenger seat.
Alternatively, a binaural measurement may be performed. In
the binaural measurement case, two microphones are placed
in positions (e.g. near the headrest of the front passenger’s
seat) corresponding to the left and right ear of a passenger. For
example, a dummy is positioned on the front passenger’s seat
and microphones are mounted at the positions of the dum-
my’s ears. In order to simplify the set-up a headless dummy
may be used.

FIG. 4 also includes a signal acquisition and processing
system 45 as part of the measurement setup system. The
signal acquisition and processing system 45 may be any form
of signal processing system or device, such as, a data acqui-
sition and signal processing system. The signal acquisition
and processing system 45 may be configured as, orto include,
a general processor, a digital signal processor, application
specific integrated circuit, field programmable gate array,
analog circuit, digital circuit, server processor, combinations
thereof, or other now known or later developed processor. The
signal acquisition and processing system 45 may be config-
ured as a single device or combination of devices, such as
associated with a network or distributed processing. Any of
various processing strategies may be used, such as multi-
processing, multi-tasking, parallel processing, remote pro-
cessing, centralized processing or the like. The signal acqui-
sition and processing system 45 may be responsive to or
operable to execute instructions stored as part of software,
hardware, integrated circuits, firmware, micro-code, or the
like.

The signal acquisition and processing system 45 may
include a memory formed to include any kind of storage
device, such as RAM, ROM, a hard drive, a CD-R/W, aDVD,
a flash memory, or any other one or more non-transitory data
storage device or system capable of storing data and/or
instructions executable by a processor. In addition to the
operating system of the signal acquisition and processing
system 45, the memory may also store data acquired by the
data acquisition portion, and signal processing related data.

The signal acquisition and processing system 45 may also
include number of modules that include a PSD calculation
module 50 and a filter calculation module 60. The term “mod-
ule” may be defined to include a plurality of executable mod-
ules. As described herein, the modules are defined to include
software, hardware or some combination thereof executable
by a processor. Software modules may include instructions
stored in memory that are executable by the processor or other
processor. Hardware modules may include various devices,
components, circuits, gates, circuit boards, and the like that
are executable, directed, and/or controlled for performance
by the processor.

During operation, the signal acquisition and processing
system 45 receives the sensor signal and the currently set
volume level VOL and is configured to calculate a PSD of the
test signal for various volume levels VOL using the PSD
calculation module 50. The PSD calculated by the PSD cal-
culation module 50 being denoted as PSD,(f; VOL). For the
PSD calculation a short-term spectral analysis may be per-
formed by the PSD calculation module 50. In accordance
with one example the (digitized) sensor signal s[k] received
by the PSD calculation module 50 is subjected to a series of
subsequent windowed Fourier transform operations using a
rectangular window function, wherein the window is time
shifted by 50 percent of the window lengths between two
subsequent Fourier transform operations. The Fourier trans-
form may be implemented with the PSD calculation module
50 using a fast Fourier transform (FFT) algorithm processing
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input vectors of 1024 samples. That is, for each volume level
VOL the following L calculations are performed (frequency
index j):

L& (9]
PSD(; VOL) = 7 D IFFTH[S12:1:512- 1+ 1023])
i=0

where the vector s[0:1023] includes the first 1024 samples of
the sensor signal s[k], the vector s[512:1535] the samples 512
to 1535, the vector s[1024:2047] the subsequent 1024
samples, and so on. In other words, the volume-dependent
power spectral density PSD, is estimated using the PSD cal-
culation module 50 by averaging periodograms, e.g. IFFT{s
[512-1:512-1+1023]}1%, of the sensor signal s[k], also referred
to as “Welch’s method” for each volume value VOL. In other
examples, other techniques for estimating the volume-depen-
dent power spectral density PSD, may be performed by the
PSD calculation module 50.

When using a binaural measurement, two sensor signals
s,[k] and s,[k] are obtained. In this case a plurality of volume-
dependent periodograms can be calculated by the PSD cal-
culation module 50 for both sensor signals s, [k] and s,[k] in
a similar way to that defined by equation (1) above. Finally,
the averaged periodograms obtained from the left sensor sig-
nal s, [k] and those obtained from the right sensor signal s,[k]
may, again, be averaged by the PSD calculation module 50 so
as to calculate one volume-dependent power spectral density
PSD,(j; VOL) of the test signal.

The velocity-dependent noise signal n[k]| (non-acoustical
measurement value-dependent noise signal n[k]) may be
separately and independently processed in a substantially
similar way as illustrated in the example of FIG. 4b. Therefore
the velocity and the corresponding noise signal indepen-
dently picked up by the microphone may be recorded during
atestdrive. The measurement set-up may be similar to the one
used for recording the test signal. The sensor signal s[k| and
the corresponding velocity signal SPEED may be received by
the signal acquisition and processing system 45 and may be
supplied to the PSD calculation module 50. The PSD calcu-
lation module 50 may be configured to calculate, for each
velocity value SPEED or different velocity intervals, the PSD
of the sensor signal in a substantially similar way as is done
for the test signal, such as a short-term spectral analysis and a
subsequent averaging may be performed. For example, the
sensor signal s[k| may be split into segments associated with
a defined velocity interval, such as [191, 200], [181, 190],
[171, 180], ..., [1, 10] by the PSD calculation module 50,
each interval may be identified by a defined value SPEED.
For each segment an averaged PSD may be calculated in
substantially the same way as is done for the test signal (see
FIG. 4a). In the example of FIG. 45, however, SPEED is used
as a parameter instead of VOL. As an intermediate result, a
velocity dependent PSD function PSD,(f; SPEED) (non-
acoustical measurement value-dependent PSD function) may
be obtained. In other words, the velocity-dependent PSD is
estimated by the PSD calculation module 50 by averaging
periodograms (in accordance with Welch’s method) of the
sensor signal s[k] for each (e.g. discretized) velocity value
SPEED.

FIG. 5 illustrates an example of further processing of the
measured PSD functions PSD(f; VOL) and PSD,,(f; SPEED)
using the filter generation module 60 included in the signal
acquisition and processing system 45. The estimated PSD
functions PSD(f; VOL) and PSD, (f; SPEED) at a given fre-
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quency may be considered a pair. Operation of the filter
generation module 60 is indicated in a respective flow chart
that is depicted in FIG. 5. Accordingly, the masking thresh-
olds MASK,(f; VOL) and MASK, (f; SPEED) are calculated
(in decibel) by the filter generation module 60 from the pre-
viously determined PSD functions PSD,(f; VOL) and PSD,,(f;
SPEED), respectively using a masking threshold calculation
module 61 and a masking threshold calculation module 62.
Each of the masking threshold calculation module 61 and the
masking threshold calculation module 62 perform the calcu-
lation using a mathematical model describing the psychoa-
coustic effect of spectral masking (masking model). For
example, the “classic” Johnston model may be employed as
described, for example, in J. D. Johnston: Transform Coding
of Audio Signals Using Perceptual Noise Criteria, in: IEEE J.
on Selected Areas in Communications, vol. 6, no. 2, February
1988. However, other masking models may also be appli-
cable.

The positive values of a difference (in decibel) of the mask-
ing thresholds MASK (f; VOL)-MASK,,; SPEED) may be
determined by a summation 63, which may subtract the
MASK,,; SPEED) from the MASK,(f; VOL). The difference
determined by the summation 63 may be used as a “target”
equalization curve for a parameterized (parameters SPEED
and VOL) equalization filter design. FIG. 6 shows, as an
illustrative example, target equalization curves for different
velocity values SPEED and for two different volume values
VOL (-46 dB and -50 dB).

Ithas been found that equalization filters designed in accor-
dance with the method described above may result in an audio
reproduction with excessively strong spectral components in
the bass frequency range. A typical audio signal received
from a broadcast station is band limited to a lower cut-off
frequency of about 50 Hz. The test signal (modified IEC 268
noise), however, is not band limited to frequencies above that
cut-oft frequency thus introducing a systematic error. How-
ever, this error depends on the actual band width of the audio
system. To compensate for this error the sensor signal s[k]
representing the noise signal n[k] picked up by the micro-
phone may be high-pass filtered with a second order high-
pass with a cut-off frequency of approximately 50 Hz.

Having calculated the target equalization curves as illus-
trated in FIG. 6, any filter design method may be used for
approximating the target equalization curves using an appro-
priate parameterized digital prototypes filter. The approxima-
tion may be performed using any useful quality criterion.
Usually the mean squared error between the actual digital
filter and the target curve is minimized.

Dependent on the prototype filter used, the number of the
filter parameters (per velocity and volume value) to be deter-
mined may vary significantly. FIG. 7 illustrates an example of
(for a volume value VOL of -46 dB) the resulting equaliza-
tion filters when using, as a prototype filter, a simple second
order shelving filter with a constant cut-off frequency. In
essence, a good compromise between the number of param-
eters and the quality of approximation can be found.

Although the present invention and its advantages have
been described in detail, it should be understood that various
changes, substitutions, and alterations can be made herein
without departing from the spirit and scope of the invention as
defined by the appended claims.

Moreover, the scope of the present application is not
intended to be limited to the particular embodiments of the
process, machine, manufacture, composition of matter,
means, methods, and steps described in the specification. As
one of ordinary skill in the art will readily appreciate from the
disclosure of the present invention, processes, machines,
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manufacture, compositions of matter, means, methods, or
steps, presently existing or later to be developed, that perform
substantially the same function or achieve substantially the
same result as the corresponding embodiments described
herein may be utilized according to the present invention.
Accordingly, the appended claims are intended to include
within their scope such processes, machines, manufacture,
compositions of matter, means, methods, or steps.

The invention claimed is:

1. A system for automatic determination of at least one of
equalization filter parameters or gain parameters used for
equalization of audio signals reproduced in a vehicle, the
system comprising:

an audio amplifier configured to reproduce an audible test
signal using at least one loudspeaker arranged in a pas-
senger compartment of the vehicle so as to generate a
corresponding acoustic test signal;

at least one microphone arranged at an at least one desired
listening position and configured to sequentially pick up
the audible test signal as a measured test signal at dif-
ferent volume levels, as well as a noise signal at different
non-acoustical measurement values representing a cur-
rent state of the vehicle;

a signal acquisition and processing system configured to
receive the measured test signal and the noise signal, as
well as the corresponding volume levels and non-acous-
tical measurement values, the signal acquisition and pro-
cessing system being configured to:

calculate power spectral density estimations, which
depend on the volume levels and respectively, on the
non-acoustical measurement values, of the measured
test signal and the noise signal, respectively,

calculate corresponding masking thresholds, which
depend on the volume levels and, respectively on the
non-acoustical measurement values, from the power
spectral density estimations;

calculate, for each pair of volume levels and non-acoustic
measurement values, a target equalization curve, the
target equalization curve being composed of non-nega-
tive values of a difference between a volume-dependent
masking threshold calculated from a test signal power
spectral density and a masking threshold calculated
from a noise signal power spectral density, which
depends on the non-acoustic measurement values; and

calculate, for each pair of volume levels and non-acoustic
measurement values, filter parameters of a parameter-
ized filter prototype such that a filter magnitude response
of the parameterized filter prototype approximates a cor-
responding target equalization curve.

2. The system of claim 1, where the audible test signal is a
predetermined noise signal having a power spectral density
that approximately matches a power spectral density of a real
audio signal received from a radio broadcast station.

3. The system of claim 2, where the audible test signal is
IEC 268 noise being selectively amplified for frequencies
lower than approximately 100 Hz.

4. The system of claim 1, further comprising a high pass
filter configured to filter the noise signal, which depends on
the non-acoustic measurement value, picked up by the micro-
phone.

5. The system of claim 1, where the masking thresholds are
calculated using a Johnston model.

6. The system of claim 1, where the non-acoustic measure-
ment values are representative of at least one of:

a velocity value representing a speed of the vehicle;

a rotational velocity value representing a rotational speed

of an engine of the vehicle;
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a gear setting of the vehicle;

a window positions;

a position of a convertible top; or

a state of a fan disposed in the vehicle.

7. The system of claim 1, where the non-acoustic measure-
ment values are a weighted combination of at least two of:

a velocity value representing a speed of the vehicle;

a rotational velocity value representing a rotational speed

of an engine of the vehicle;
a gear setting of the vehicle;
a window positions;
a position of a convertible top; or
a state of a fan disposed in the vehicle.
8. A method for an automatic design of equalization filter
and/or gain parameters used for equalization of audio signals
reproduced in a vehicle, the method comprising:
reproducing an acoustic test signal using an audio amplifier
and at least one loudspeaker arranged in a passenger
compartment of the vehicle, the acoustic test signal
reproduced at a configurable volume setting;

sequentially picking up the acoustic test signal at different
volume settings as a measured test signal with at least
one microphone arranged at an at least one desired lis-
tening position within the vehicle;

sequentially picking up a noise signal as a measured noise

signal with the at least one microphone at different non-
acoustical measurement values representing a current
state of the vehicle;
calculating power spectral density estimations, which
depend on the volume settings and, respectively, on the
non-acoustical measurement values, of the measured
test signal and the measured noise signal, respectively,

calculating corresponding masking thresholds, which
depend on the volume settings and, respectively, on the
non-acoustical measurement values, from the power
spectral density estimations;

calculating, for each pair of volume settings and non-

acoustical measurement values, a target equalization
curve, the target equalization curves being composed of
non-negative values of the difference between a volume-
dependent masking threshold, calculated from a test sig-
nal power spectral density, and the masking thresholds,
calculated from a noise signal power spectral density,
which depends on the non-acoustic measurement value;
and

calculating, for each pair of volume levels and non-acous-

tic measurement values, filter parameters of a param-
eterized filter prototype such that a filter magnitude
response of the parameterized filter prototype approxi-
mates a corresponding target equalization curve.

9. The method of claim 8, where the acoustic test signal is
a predetermined noise signal having a power spectral density
that approximately matches a power spectral density of a real
audio signal received form a radio broadcast station.

10. The method of claim 9, where the test signal is IEC 268
noise selectively amplified for frequencies lower than
approximately 100 Hz.

11. The method of claim 8, further comprising

high pass filtering the noise signal, which depends on the

non-acoustic measurement value, picked up by the
microphone.

12. The method of claim 8, where calculating correspond-
ing masking thresholds comprises calculating the masking
thresholds using a Johnston model.

13. The method of claim 8, where the non-acoustic mea-
surement values are at least one of:

a velocity value representing a speed of the vehicle;
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a rotational velocity value representing a rotational speed
of an engine of the vehicle; and

a weighted superposition of a velocity value and a rota-
tional velocity value.

14. The method of claim 8,

where calculating power spectral density estimation com-
prises:

calculating a plurality of periodograms from the at least
one microphone signal; and

averaging the periodograms to obtain, as an estimate, the
average of the periodograms.

15. The method of claim 8, where sequentially picking up
the acoustic test signal and sequentially picking up the noise
signal comprises:

performing a binaural measurement using a left micro-
phone and a right microphone placed in the passengers
compartment in positions corresponding to an ear posi-
tion of a listening person when sitting in the vehicle, thus
providing a left sensor signal and a right sensor signal;

and where calculating power spectral density estimations
comprises:

calculating a plurality of periodograms from the left sensor
signal and from the right sensor signal, respectively, and
averaging the periodograms to obtain, as an estimate, the
average of the periodograms.

16. A system for automated determination of filter param-
eters used for equalization of audio signals reproduced in a
vehicle, the system comprising:

an audio amplifier configured to drive a loudspeaker to
produce audible sound representative of a test signal, a
volume level of the audible sound being adjustable;

a signal acquisition and processing system configured to
receive first measured signals indicative of audible
sound sensed by a sensor at each of a plurality of corre-
sponding volume levels, and second measured signals
indicative of noise sensed by a sensor for each of a
plurality of corresponding non-acoustical measurement
values representing a current state of the vehicle;

the signal acquisition and processing system further con-
figured to generate volume-dependent power spectral
density estimates based on the first measured signals at
different volume levels, and non-acoustical measure-
ment-dependent power spectral density estimates based
on the second measured signals and the corresponding
non-acoustical measurement values; and

the signal acquisition and processing system further con-
figured to generate filter parameters of a parameterized
equalization filter based on a target equalization curve
developed by summation of the volume-dependent
power spectral density estimates and the non-acoustical
measurement-dependent power spectral density esti-
mates.

17. The system of claim 16, further comprising a sensor
configured to independently sense the audible sound and
generate the first measured signal, and to independently sense
noise and generate the second measured signal.

18. The system of claim 17, where the sensor comprises at
least one microphone positioned in a listening position within
a passenger cabin of the vehicle.

19. The system of claim 16, where the test signal is a
predetermined noise signal representative of spectral content
of audio signals in a passenger cabin of the vehicle.

20. The system of claim 16, where the plurality of corre-
sponding non-acoustical measurement values are a plurality
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of different velocity values representative of different corre-
sponding speeds of the vehicle.
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